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RADIO DISTORTION PROCESSING 

FIELD OF THE INVENTION 

[0001] The present invention relates generally to audio systems that limit radio 

distortion, and more particularly to an improved method for limiting radio distortion. 



BACKGROUND 

[0002] In general, audio reproduction systems are designed to produce a specific 

amount of audio power while specifically limiting the amount of audio distortion. 
Conventional audio reproduction systems include an audio source, such as an AM/FM 
tuner, a cassette deck, a CD player, or the like, that feeds a digital audio signal to a digital 
signal processor (DSP). The DSP includes a variable gain amplification stage for 
processing the audio signal and feeding an output signal through a fixed-gain power 
amplifier to a speaker or plurality of speakers. The DSP receives operator inputs such as 
volume and tone control (e.g. bass boost, treble and the like) for varying the amplification 
of respective frequencies during the variable gain amplification stage. 
[0003] Audio distortion can occur when an operator increases the volume 

amplification and/or boosts any of the tone controls. The amplified audio signal (i.e. power 
amplifier output signal) may grow to the point where its amplitude approaches the power 
supply voltage limits. Typical power amplifiers include clipping circuits for "clipping" the 
signal peaks as they reach the power supply limit. Clipping of the audio signal is 
undesirable in that it causes new audio components to be introduced into the original 
signal. The new audio components occur at odd harmonics of the frequency associated 
with the clipped signal, thus distorting the original audio signal. 

[0004] Prior art methods for controlling distortion include: implementation of voltage 

limiting or compression to the input of a power amplifier to prevent clipping, comparing the 
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power output signal to a predetermined reference and attenuating the signal when the 
output signal exceeds the predetermined reference, or separating the audio signal into 
separate paths for bass frequencies and higher frequencies, then reducing the gain of 
each path upon the occurrence of a peak level. Each of these methods, however, includes 
associated disadvantages that inhibit cost efficient implementation. 
[0005] Another method for controlling distortion provides a micro-controller for 
managing the operation of an audio system having a DSP that controls a wideband and a 
narrowband gain for the audio signal. Clipping is avoided by sensing clipping in the power 
amplifier and initially reducing the narrowband gain and subsequently reducing the 
wideband gain if clipping persists. Upon cessation of clipping, the narrowband gain is 
initially restored and the wideband gain is subsequently restored if clipping is still not 
sensed. This method, however, includes certain disadvantages including a fixed value of 
reduction in each of the gains and the order of restoring the previously reduced gains. 



SUMMARY OF THE INVENTION 
[0006] A preferred embodiment of the present invention provides an audio 
system comprising an audio source, a first processing unit in electrical communication 
with the audio source wherein the first processing unit controls a plurality of parameters. 
A plurality of inputs are also provided and are in electrical communication with the first 
processing source, whereby the plurality of inputs affect the plurality of parameters. A 
power amplifier is included and is in electrical communication with the first processing 
unit for receiving an output signal of the first processing unit, the power amplifier 
selectively generating a clipping signal and further in electrical communication with at 
least one speaker. A second processing unit is in electrical communication with the 
power amplifier and the first processing unit for receiving the clipping signal from the 
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power amplifier and sending a control signal to the first processing unit. The control 
signal initiates at least one of either an incremental reduction in a level of a first 
parameter of the plurality of parameters until one of either the clipping signal recedes or 
a reduction limit of the first input is achieved and incremental reduction in a level of a 
second parameter of the plurality of parameters if a reduction limit of the first parameter 
is achieved and the clipping signal persists, or an incremental recovery of an original 
level of the second parameter if the clipping signal is not detected and an incremental 
recovery of an original level of the first parameter if the original level of the second 
parameter is recovered and the clipping signal is not detected. 

[0007] The present invention further provides a method for controlling distortion 
in an audio system having at least a volume and a bass parameter wherein each of the 
parameters is a function of an operator input. The method comprises the steps of 
determining a reduction limit of the bass parameter, determining a reduction limit of 
the volume parameter, detecting a clipping signal in the audio system, incrementally 
reducing a level of the bass parameter until one of either the clipping signal recedes or 
the reduction limit of the bass parameter is achieved, incrementally reducing a level of 
the volume parameter if the reduction limit of the bass parameter is achieved and the 
clipping signal persists, and incrementally recovering an original level of the volume 
parameter if the clipping signal is not detected and incrementally recovering an original 
level of the bass parameter if the original level of the volume parameter is recovered 
and the clipping signal is not detected. 

[0008] Further areas of applicability of the present invention will become apparent 

from the detailed description provided hereinafter. It should be understood however that 
the detailed description and specific examples, while indicating preferred embodiments of 
the invention, are intended for purposes of illustration only, since various changes and 
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modifications within the spirit and scope of the invention will become apparent to those 
skilled in the art from this detailed description. 



BRIEF DESCRIPTION OF THE DRAWINGS 
[0009] The present invention will become more fully understood from the detailed 

description and the accompanying drawings, wherein: 

[0010] Figure 1 is schematic diagram of an audio reproduction system according to 

the principles of the present invention; 

[0011] Figure 2 is a flow diagram detailing an audio distortion processing algorithm 

according to the method of the present invention; 

[0012] Figure 3 is a flow diagram detailing a clip attack algorithm of the audio 

distortion processing for limiting distortion; and 

[0013] Figure 4 is a flow diagram detailing a recovery algorithm of the audio 

distortion processing algorithm for recovering audio signals. 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 
[0014] With particular reference to Figure 1, an audio reproduction system 10 is 

shown. The audio reproduction system 10 includes an audio source 12, such as an 
AM/FM tuner, a cassette deck, a CD player, or the like, that is in electrical communication 
with an audio processor 14, such as a digital signal processor (DSP). The audio source 12 
generates an audio signal and feeds the signal to the DSP 14. A micro-controller 16 is 
also included and is in electrical communication with both the audio source 12 and the 
DSP 14. A plurality of operator inputs 18, 20, 22 are provided and are each in 
communication with the micro-controller 16 for sending associated control signals to the 
micro-controller 16. In a preferred embodiment of the present invention, the operator 
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inputs 18, 20, 22 include volume, bass boost and treble control. The DSP 14 further 
communicates the audio signal to a power amplifier 24, which communicates an amplified 
signal to attached speakers 26 for generating sound. The power amplifier 24 preferably 
includes a clip detector 28 for generating a clip signal as the audio signal reaches a pre- 
defined power limit. The power amplifier 24 is in communication with the micro-controller 
16 for sending the clip signal to the micro-controller 16. 

[0015] The micro-controller 16 manages the overall function of the audio 

reproduction system 10, taking into account operator inputs such as volume, bass boost 
and treble control. Depending upon the operator's input the micro-controller 16 sends 
digital control signals to the DSP 14 for controlling the variable gain stage of the audio 
signal processing. The control signals command the DSP 14 to determine gain for both a 
narrowband signal (i.e. bass) and a wideband signal (i.e. volume). The modified audio 
signal is then sent to the power amplifier 24. The power amplifier 24 applies a fixed gain to 
the audio signal received from the DSP 14. The clip detector 28 of the power amplifier 
detects clipping distortion in the audio signal and generates a clip signal to signal the 
micro-controller 16 that clipping has occurred. 

[0016] Referencing Figure 2, the audio-processing algorithm of the present 

invention will be described in detail. It should be initially noted, however, that the micro- 
controller 1 6 is pre-programmed with the algorithms of the present invention for performing 
the audio-processing according to the method of the present invention. At step 100, it is 
initially determined whether or not a clip signal has been received. If a clip signal has been 
received, step 1 10 determines whether or not a clip attack time delay has expired. The clip 
attack time delay is essentially a waiting period to determine if the detected clipping was an 
isolated event or a persistent occurrence. The clip attack time delay is relatively short (e.g. 
several milliseconds). If the attack time delay has not yet expired, the micro-controller 16 
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reverts to step 100 to again determine if a clip signal is present. If the attack time delay 
has expired, the clip attack process is performed at step 120. If at step 100, however, a 
clip signal has not been received, the micro-controller 16 moves to step 130 for 
determining whether or not a clip recovery time delay has expired. The clip recovery time 
delay is a waiting period, similar to the clip attack time delay, to ensure that a clip recovery 
process is not initiated too soon (i.e. prior to the elimination of clipping). The clip recovery 
time delay is relatively short (e.g. several milliseconds). If the clip recovery time delay has 
expired, the micro-controller performs the clip recovery process at step 140. 
[0017] In general, the clip attack algorithm of the present invention incrementally 

reduces the bass boost level up to a maximum amount, until clipping ceases. If clipping 
fails to desist after achieving the maximum reduction, the clip attack algorithm 
incrementally reduces the volume level up to a maximum amount. The maximum level of 
reduction in bass boost is a function of the amount of bass boost an operator has input. In 
a preferred embodiment of the present invention, the maximum level of reduction is equal 
to one half of the input level. For example, if an operator inputs an eight (8) dB bass boost, 
the maximum level of reduction in bass boost is four (4) dB. However, if an operator has 
not input a bass boost value, the algorithm only reduces the volume. The maximum level 
of reduction in volume is a function of a predefined system maximum and the maximum 
level of reduction in bass boost. In accordance with a preferred embodiment of the present 
invention, the maximum level of reduction in volume is equal to the difference between the 
system maximum and the maximum level of reduction in bass boost. For example, if the 
system maximum is equal to seven (7) dB and the maximum level of reduction in bass 
boost is equal to four (4) dB, the maximum level of reduction in volume is equal to three (3) 
dB. In this manner, the bass boost reduction is a function of a user input and the volume 
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reduction is a function of both a user input and a system maximum. Therefore, both 
maximum reduction levels are variable according to operator influence. 



described in detail. At step 200, it is initially determined if an operator has applied 
narrowband gain (i.e. bass boost). If the operator has applied narrowband gain, at step 
210, the micro-controller 16 determines whether or not the maximum level of reduction in 
narrowband gain has been achieved. If the maximum level of reduction in narrowband 
gain has been achieved, at step 220 the micro-controller 16 determines whether or not the 
maximum level of reduction in wideband gain (i.e. volume) has been reached. If at step 
200, the operator has not applied narrowband gain, the clip attack algorithm moves to step 
220. If the maximum level of reduction in narrowband gain has not been achieved as 
determined at step 210, the micro-controller 16 signals the DSP 14 to reduce the 
narrowband gain by an increment at step 230. In a preferred embodiment of the present 
invention the incremental value is one (1) dB, however, it will be appreciated that the 
incremental value may vary as design preference dictates. Having reduced the 
narrowband gain by the incremental value, the clip attack algorithm ends at step 240. 
However, if the micro-controller 16 determines at step 220 that the maximum wideband 
gain reduction has not been reached, the micro-controller 16 signals the DSP 14 to reduce 
the wideband gain by an increment, at step 250. In a preferred embodiment of the present 
invention the incremental value is one (1) dB, however, it will be appreciated that the 
incremental value may vary as design preference dictates. Having reduced the wideband 
gain by the incremental value, the clip attack algorithm ends at step 240. If, on the other 
hand, the micro-controller 16 determines that the maximum wideband gain reduction has 
been reached, the clip attack algorithm ends at step 240. 



[0018] 



With particular reference to Figure 3, the clip attack algorithm will be 
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[0019] 



The objective of the clip attack algorithm is to eliminate clipping and thus 



eliminate audio distortion. However, once clipping has been eliminated, the audio- 
processing algorithm implements a recovery algorithm for incrementally increasing the 
previously reduced narrowband and wideband gains (i.e. bass boost and volume levels). 
In general, the recovery algorithm of the present invention functions on a "last in, first out" 
basis wherein the wideband gain is recovered prior to recovering the narrowband gain (the 
clip attack algorithm functions to decrease the narrowband gain and then the wideband 
gain). 

[0020] With particular reference to Figure 4, the recovery algorithm will be 

described in detail. At step 300, the micro-controller 16 initially determines whether the 
wideband gain has been reduced as the result of clipping. If the wideband gain has not 
been reduced due to clipping, the recovery algorithm advances to step 310 to determine if 
the narrowband gain has been reduced due to clipping. However, if the wideband gain has 
been reduced due to clipping the micro-controller 16 determines whether the wideband 
gain has been totally recovered, at step 320. If the wideband gain is not totally recovered 
the micro-controller 16 sends a signal to the DSP 14 to incrementally increase the 
wideband gain, at step 330. Having incrementally increased the wideband gain, the 
recovery algorithm ends at step 340. However, if the wideband gain has been totally 
recovered the micro-controller 16 moves to step 310 to determine whether the narrowband 
gain has been reduced due to clipping. If the narrowband gain has not been reduced due 
to clipping the recovery algorithm ends at step 340. However, if the narrowband gain has 
been reduced due to clipping the micro-controller 16 determines whether the narrowband 
gain has been totally recovered, at step 350. If the narrowband gain has been totally 
recovered the recovery algorithm ends at step 340. However, if the narrowband gain has 
not been totally recovered the micro-controller 16 signals the DSP 14 to incrementally 
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increase the narrowband gain at step 360. Having incrementally increased the bass boost, 
the recovery algorithm ends at step 340. 



overall sound quality and listening comfort. By initially reducing the narrowband gain (i.e. 
bass boost), in the event of clipping, the audio signal change is less noticeable by listeners. 
Conversely, by initially recovering the wideband gain (i.e. volume) that has been reduced 
due to clipping, the audio distortion process remains less noticeable to listeners and is thus 
advantageous over prior art audio reproduction systems. Further, the bass boost and 
volume reduction limits of the present invention are a function of operator input. In this 
manner, the audio distortion processing of the present invention accounts for operator 
preference, again holding specific advantages over prior art audio reproduction systems 
[0022] The invention being thus described, it will be obvious that the same may be 

varied in many ways. Such variations are not to be regarded as a departure from the spirit 
and scope of the invention, and all such modifications as would be obvious to one skilled in 
the art are intended to be included within the scope of the following claims. 



[0021] 



The audio-processing algorithm of the present invention improves the 
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